Abstract-This work describes a simple model for underwater acoustic (UWA) channels, taking into account Doppler effects. The performance of orthogonal frequency-division multiplexing (OFDM) systems in UWA channels is also studied. The impact of Doppler effects on OFDM transmissions is thoroughly investigated, and a simple two-step compensation strategy is described. In order to evaluate UWA models, a versatile UWA channel simulator is developed and some simulations are performed to measure the OFDM performance for time-variant channels. Those simulations evaluate the bit-error-rate and sensitivity of OFDM systems to Doppler effects. The results are satisfactory and show that only one compensation step is necessary to maintain a reasonable system performance for relative estimation errors of Doppler scaling factor in the order of 10 −5 , corroborating that OFDM systems are suitable in some specific scenarios.
I. INTRODUCTION
Underwater communication has been attracting much attention in recent years [1] , [2] , [3] , [4] . For instance, it is expected that those communication systems play a critical role in the investigation of climatic changes, by monitoring seismic activities and biological changes that occur in the oceans [5] , [6] . Underwater communication systems can also be used to perform remote maritime exploration [7] , [8] , [9] . Some of those applications rely on video broadcasting, thus demanding high throughput communication systems [10] .
In the aforementioned applications, the use of electromagnetic signals is prohibitive, since the attenuation in salty water is much larger than attenuation in air, calling for signals of a different nature, like acoustic signals. Indeed, acoustic signals are low-frequency mechanical waves, which are much less attenuated when propagating in an underwater environment. On the other hand, employing these signals is a very complicated task, since the underwater acoustic (UWA) noise is intense [11] , [12] , [13] and UWA channels feature strong time variations [2] . Moreover, UWA communication is severely degraded by Doppler effects [3] due to the low propagation speed of the acoustic waves and the ubiquitous relative motion between transmitter and receiver. Furthermore, UWA communication systems usually achieve low data rates, hindering their use in some applications [14] .
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multiplexing (OFDM) [1] , [15] , [16] , [17] , [18] . This work describes a simple UWA channel model based on [4] , taking into account Doppler effects. Moreover, this work studies OFDM transceivers when they are employed to transmit through UWA channels and proposes a flexible UWA simulation environment. The impact of Doppler effects on those transceivers is extensively studied through numerical experiments using the proposed simulator, including a two-step Doppler compensation originally proposed in [4] . More specifically, some numerical experiments are conducted to evaluate sensitivity of OFDM systems to Doppler effects and the resulting bit-error rate (BER) performance.
This paper is organized as follows. Section II describes the UWA channel models, addressing how Doppler effects affects the channel impulse response through the presence of a Doppler scaling factor. Section III describes OFDM transceivers when working in time-variant channels. Section IV contains the simulation results. Finally, in Section V, some concluding remarks are drawn, and possible future works are described.
II. UNDERWATER ACOUSTIC CHANNEL
The UWA channel can be modeled as a linear time-variant system with impulse responses given by [4] 
where L = {1, 2, · · · , L} ⊂ N is the set of indexes related to all multipaths that occur in the transmission, A l (t) ∈ R + is the attenuation of lth multipath, and τ l (t) ∈ R + is the delay associated with the lth multipath. For a sufficiently short time interval T bl ∈ R + , one can assume that A l (t) and τ l (t) vary slowly in time, thus supporting the following reasonable assumptions:
(i) The amplitude is constant during a time interval T bl :
(ii) The delay slightly varies during a time interval T bl and can be approximated by a first order polynomial:
where τ l ∈ R + is the delay without relative motion between transmitter and receiver, −a l ∈ R is the first order derivative of τ l (t), and a l is the Doppler scaling factor (DSF). Based on the aforementioned assumptions, the channel impulse responses, h(t, τ ), can be rewritten as
Thus, the channel responseỹ(t) to an inputx(t) ∈ R is
Assuming a uniform DSF to all multipaths, i.e., a l = a ∀l ∈ L, then (5) can be rewritten as
where
is a linear time-invariant response and τ l = τ l /(1 + a) is the new delay related to the lth multipath. Equation (6) has a very simple and interesting interpretation: transmitting a signalx(t) through a channel with impulse responses h(t, τ ) with uniform DSF for all multipaths is equivalent to transmitting a signalx((1 + a)t) through a channel with linear time-invariant impulse response h(τ ) given by (7).
III. OFDM IN UNDERWATER ACOUSTIC CHANNEL

A. Transmitter
Let T ∈ R + be the period of an OFDM symbol and K = {−K/2, · · · , K/2 − 1} ⊂ Z be the set of indexes of all subcarriers, with K being the number of subcarriers [19] . The subcarriers' central frequencies are placed at f k = k/T, k ∈ K, in baseband transmissions. These symbols are transmitted through a channel with time-variant impulse responses given by (4) with uniform DSF.
Let T g ∈ R + be the guard period of a zero-padded (ZP) OFDM [19] symbol and T bl = T + T g be the total time of transmitted blocks, including the windowing operation and the guard interval, as illustrated in Fig. 1 . The choice of T g is very important to guarantee the proper operation of ZP-OFDM system: T g ≥ T ca , because this choice guarantees the removal of IBI while keeping the orthogonality among subcarries [19] .
∈ C ⊂ C be the symbol of a constellation C to be transmitted in the kth subcarrier of the bth data block. Therefore a baseband ZP-OFDM symbol is given by
where g(t) is the pulse shaping filter [20] and b ∈ N. The orthogonality of subcarriers in OFDM systems requires pulse shaping filters with a very special property, which is given by:
where G(f ) is the Fourier transform of g(t). For convenience, this work employs a rectangular pulse as pulse shaping filter. Finally, the signal to be transmitted in passband is given bỹ
where f c ∈ R + is the carrier frequency.
B. Receiver
In a ZP-OFDM transmission through linear time-varying channel with uniform DSF, the received passband signal is given byỹ
At the receiver, the Doppler effect must be compensated in order to enable the message recovery. This compensation is performed using a two-step compensation [4] , which is divided in coarse compensation and fine compensation.
1) Coarse Compensation:
At the receiver, the first processing step is the coarse compensation of the DSF [4] . Assuming thatâ is a good estimate of DSF, the coarse compensation is performed as a scaling in the argument of signalỹ b (t) by a factor 1/(1 +â), yielding
The second processing step is the baseband conversion of the received signal. The received signal in baseband is given by (13) at the top of next page, where ν b (t) ∈ C is the baseband noise, ε = αf c and α = (a −â)/(1 +â).
In (13) it is possible to see that the coarse compensation of DSF produces an undesired residual frequency ε. This residual frequency vanishes only ifâ = a; however, it is extremely difficult to achieve a perfect estimation of DSF in practical situations. To verify the effect of ε in subcarriers, it is necessary to calculate the Fourier transform of the coarse compensated signal, which is given by (14) at the top of next page, where A l = A l /(1+α), τ l = τ l /(1+α), and V b (f ) ∈ C is the Fourier transform of the baseband noise.
In (14) it is possible to verify that the residual frequency ε destroys the orthogonality among subcarriers [4] . In order to recover the orthogonality it is necessary to perform a fine compensation.
2) Fine Compensation: The next step is to perform the fine compensation of DSF [4] . Assuming thatε is a good estimation of the residual frequency ε, the resulting signal z b (t) after compensation is given by
and its Fourier transform is given by (18) at the bottom of this page, where ∆ε =ε − ε. By sampling Z b (f ) at frequency f m , one has
where (16) can be rewritten in a matrix form given by (19) at the bottom of this page.
IV. SIMULATIONS
In order to validate the UWA channel model described in this work, a UWA channel simulator 1 was developed and an OFDM transmission through this UWA channel was performed. The signal was transmitted through UWA channels with uniform DSF and L ∈ {3, 7} nonzeros coefficients, where those channels were generated with delays exponentially distributed with mean ∆ m = 1 ms. Additionally, the gains of those channels are Rayleigh distributed with variance determined by an attenuation ∆P = 20 dB during a time T P = 24.6 ms. Moreover, the sampling rate used for the channels simulation was T s = 0.25 µs. More details can be found in [21, p. 27-28, p. 48].
The BER performance was evaluated as a function of signal-to-noise ratio (SNR). This simulation employed a signal 1 Software available in https://github.com/rafaelschaves/ uwa-channel-simulator.
with bandwidth B = 10 kHz to achieve the same rate as in [22] , [23] . A total of 1000 random data blocks was transmitted with K = 32 symbols of a 4-QAM constellation. A convolutional encoder was used with code rate r c = 0.5, constraint length 7, generator polynomial g 0 = [133] and g 1 = [165], and a random interleaver. In the receiver, a Viterbi decoder with hard decision was used. The first block was used as pilot data for channel estimation, which was performed through a minimum mean squared error estimator. A zero forcing (ZF) equalizer was employed at the receiver working in the symbol rate. The signal was modulated by a carrier with frequency f c = 10 kHz. The BER was evaluated using a Monte-Carlo simulation with 10000 different channels realizations. The SNR values used in the simulations were SNR ∈ {0, 5, 10, 15, 20, 25, 30} dB. The SNR definition used in this work is SNR = 10 log 10 (P s /P n ), where P s ∈ R + is the signal power at the transmitter, and P n ∈ R + is the noise power.
The BER sensitivity as a function of the estimation error in DSF was simulated. Two different simulation scenarios were analyzed: the first one just performs the coarse compensation (CC) of DSF and the second one performs the coarse and fine compensation (C&FC). The DSF estimate isâ = (1 − ǫ)a, where ǫ ∈ E is the relative estimation error. The residual frequency estimateε was assumed perfect. Two different sets E, defined as E 1 = {0, 2, 4, 6, 8, 10} × 10 −5 and E 2 = {0, 2, 4} × 10 −4 , were considered. The sets E 1 and E 2 were defined so that the intercarrier interference (ICI) did not completely degrade the symbol estimation performed by the equalizers.
Figs. 2a and 3a show BER curves when the fine compensation of DSF was not applied and the estimation error ǫ ∈ E 1 . In those figures, it is possible to verify that the residual frequency ε does not have any significant influence on BER. This result is in fact expected since an estimation error in this order of magnitude does not produce any significant ICI.
Figs. 2b and 3b depict BER curves when there was fine
. . .
. (f) C&FC with channel re-estimation. Fig. 2 : BER vs. SNR using ZF equalizer for channels with L = 3. First row ǫ ∈ E 1 and second row ǫ ∈ E 2 . compensation of DSF and the estimation error ǫ ∈ E 1 . Although the fine compensation is applied at the receiver, the BER performance is degraded as the estimation error grows. This result is expected, since the fine compensation transforms the equivalent channel in a time-varying channel, and the results presented in Figs. 2b and 3b were obtained by estimating the channel only in the first data block. As time progresses, this estimation is not accurate anymore.
Figs. 2c and 3c show the BER performance, when the channels were re-estimated at every 127 blocks for ǫ ∈ E 1 . As shown in these figures, the BERs achieved when using C&FC are similar to the BERs when using CC. The results in Figs. 2c and 3c were obtained with 1000 Monte-Carlo runs.
Figs. 2d and 3d depict BER curves when the fine compensation was not performed for the residual frequency ε. Those figures show that, for an error in this order of magnitude, the residual frequency strongly impacts the system performance, unlike what happens for an error ǫ ∈ E 1 .
Figs. 2e and 3e show BER curves when the fine compensation for the frequency ε was performed. In these cases, the fine compensation produces performance improvement, in comparison with the results presented in Figs. 2d and 3d . These results show that when the estimation error ǫ has a magnitude in the order of 10 −4 , the fine compensation is necessary for the system to operate efficiently. This happens because the ICI cannot be neglected in this case, and the fine compensation attenuates its effect on the transmission.
Figs. 2f and 3f show the BER performance when the channels were re-estimated every 127 blocks and ǫ ∈ E 2 . In this case, the system performance has improved when compared with the results presented in Figs. 2e and 3e. 2 It is worth mentioning the unforeseen performance related to the different values of error ǫ. The results presented show that the errors with a larger order of magnitude reaches better performance in high SNRs values. Although this result must be carefully studied in future works, a possible justification for this fact is that the fine compensation for larger ǫ induces greater temporal diversity, which can yield channel models whose corresponding matrix forms are better conditioned.
V. CONCLUDING REMARKS
In this work, we have shown how time-varying channels with uniform Doppler scaling factor affect OFDM transmissions. Moreover, a two-step Doppler compensation was used to mitigate the Doppler effects on the subcarriers. This two-step Doppler compensation is divided into coarse and fine compensations. A functional underwater acoustic channel simulator was developed, and in order to validate the simulation environment some numerical simulations of OFDM transmissions were performed. Simulation results showed that the system performance is very sensitive to large errors in the estimation of the Doppler scaling factor. For small error values, only the coarse compensation is necessary to maintain the system performance at an acceptable level. When the error becomes larger, the fine compensation is required to keep the system operation with reasonable performance. In addition, to improve the performance further it is necessary to re-estimate the channel from time to time, because the fine compensation produces a time varying equivalent channel. Additionally, further investigation is required to address the (f) C&FC with channel re-estimation. Fig. 3 : BER vs. SNR using ZF equalizer for channels with L = 7. First row ǫ ∈ E 1 and second row ǫ ∈ E 2 . unexpected behavior of fine compensation for larger errors in the estimation of Doppler scaling factor, and evaluate the performance of OFDM systems transmitting through a timevarying channel with non-uniform Doppler scaling factor.
